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Abstract
This report describes a series of three transatlantic frequency-modulation experi-
ments that were conducted in 1950, 1951, and 1953. The purpose of the first test was
to investigate the possibility of establishing a radio link of local broadcast quality over
an ionospheric path by using a special frequency-modulation receiver particularly
designed to combat two-signal and two-path interference. The desired audio-quality
was not achieved in this test. An attempt was made in the second test to improve the
quality of the received program by using a type of nonlinear filter; in the third, by using
a highly directive antenna; but even with the aid of these devices, broadcast quality was
not achieved. The failure of the frequency-modulation system is explained in terms of
the complexity of the ionospheric path. This complexity is illustrated in a series of
pictures of patterns received during pulsed-carrier transmissions. A system called
frequency-shift modulation, which should be capable of providing high-quality transmis-
sion through a dispersive medium, such as the ionosphere, is described in the appendix.
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INTRODUCTION
During the past few years, the efforts of the Multipath Transmission group of this
Laboratory were directed toward the use of frequency modulation in achieving high-
fidelity transatlantic communication (1). Early in the study it became apparent from
experiments with a two-path model of the ionosphere that available commercial FM
receivers did not have capture ratios that were sufficiently high for satisfactory results.
The subsequent development of FM receivers capable of selecting the stronger of two
interfering signals differing only slightly in amplitude was instrumental in initiating the
series of tests that are the subject of this report (2, 3, 4).
Although the effects on an FM signal of two transmission paths having different
lengths are treated elsewhere (5, 6, 7, 8, 9), a summary of the subject is included in this
report for completeness.
The addition of two carriers is illustrated vectorially in Fig. l(a). The stronger
carrier has the angular frequency, p, and is of unit strength; the weaker carrier has
the frequency, p + r, and the strength a. The instantaneous frequency of the resultant
is equal to the time rate of change of the phase of the resultant:
dO
= p + dt
Since the average phase of the resultant is equal to the phase of the stronger carrier,
the average frequency is the frequency of the stronger carrier.
Drawn for a nearly equal to 1, the triangle formed by the vectors representing the
two carriers and their resultant is nearly isosceles most of the time, giving
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Thus, the instantaneous frequency of the resultant lingers near p + (1/2)r most of the
time, but its time average is exactly equal to p. This apparent contradiction may be
explained with the aid of Fig. l(b), which is drawn at the instant when the two carriers
are out of phase and the vector triangle is no longer isosceles. At this instant, the
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Fig. 1
The vector addition of two carriers.
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Fig. 2
The instantaneous frequency of the resultant of two carriers.
frequency of the resultant, its tip velocity divided by its length, is
ar
1-a
This minimum frequency corresponds to one of the spike-like dips in frequency of the
solid curve of Fig. 2, which has been calculated for a = 0. 8. The dashed curve, drawn
for a = 1.25, shows that the "spikes" of instantaneous frequency reverse direction, and
the average frequency becomes p + r if the stronger carrier is at the higher frequency.
If the ratio of the amplitudes of the carriers is 0. 95 and their frequency separation
is 150 kc, the spikes extend for almost 3 Mc and recur 150, 000 times per second. If
the limiter and discriminator of an FM receiver are made to follow these spikes faith-
fully, the (short-time) average output of the discriminator is proportional to the fre-
quency of the stronger carrier, and the weaker is rejected.
Under standard broadcast conditions, the difference frequency, and hence the spike
repetition frequency resulting from co-channel interference, will be supersonic much
of the time. The audio de-emphasis circuit further reduces the effects of the spikes.
When the spike repetition frequency is so low that the spikes are passed by the
de-emphasis circuit, the heights of the spikes are also relatively low. As a result, the
maximum interference caused by the spikes at the output of a properly designed FM
receiver is some thirty decibels below the peak audio level unless the strengths of the
two carriers are essentially equal (9).
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A situation similar to co-channel interference arises when the FM signal from a
remote transmitter arrives at a receiver over two paths differing in length. If the dif-
ference in time of flight over the two paths is an appreciable fraction of an audio period,
the receiver is again presented with two signals, each having a different, varying fre-
quency. Thus it is seen that the two-path interference problem is a special case of the
two-signal interference problem.
The first successful receiver built by the Multipath Transmission group was able
to discriminate between signals differing in amplitude by as little as 1 db. The limiter
and discriminator were built to follow the extreme, rapid frequency excursions of the
spikes caused by two-signal interference: the discriminator bandwidth was 4 Mc and
the detectors were made rapid-acting; the back-to-back crystal diode limiters responded
even more rapidly.
The achievement of this order of two-signal or two-path discrimination encouraged
the members of the group to undertake a field experiment, and an improved version of
the receiver, capable of handling amplitude differences of only 0. 5 db, was constructed.
This second receiver was demonstrated to Major E. H. Armstrong in the fall of
1949, and he quickly came to share the optimism of the Multipath Transmission group
about the possibility of improving transatlantic radio relaying with an FM system
employing such a receiver. In fact, he was kind enough to offer the services of his radio
transmitting station at Alpine, New Jersey, for a transatlantic test. His offer was
accepted, and plans were made to conduct a test over the New York - London path early
in 1950.
TRANSATLANTIC TEST NO. 1
The laboratory receiver and other necessary equipment were taken to England by
Professor L. B. Arguimbau and John Granlund, and through an arrangement made with
the Department of Scientific and Industrial Research (DSIR) they set up the receiving
site for this test at the Radio Research Station in Slough, England. The transmissions
were made on a carrier frequency of 26 Mc with a transmitter power of 50 kw. Rhombic
antennas were used at both the transmitting and receiving sites. Peak deviations of
±75 kc were used, with programs consisting of sine waves, square waves, speech, and
music.
The ionospheric conditions during this test were favorable and the results, on the
whole, were encouraging (10). For the majority of 15-minute intervals, the audio
quality was essentially "good," reception being basically of broadcast quality but with
short, harsh bursts of noise superimposed on the program. Sine waves observed during
such noise bursts appeared mostly undistorted, except that one or more pulse-like
discontinuities were irregularly distributed throughout the cycle. It was felt that with
these reasonably good conditions, the effect of multiple transmission paths was to add
noise to the FM program, as contrasted to the selective-fading effect in amplitude
modulation. For the remainder of the time, reception was about equally divided between
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periods when it was of the hoped-for local broadcast quality and periods when the quality
was "bad" - when the program contained a continuous background of noise in addition to
the noise bursts mentioned above.
A tape recording containing excerpts of reception during the first field test is on file
in the Document Room of the Research Laboratory of Electronics. On the same tape are
selections illustrating the effects of co-channel interference on an AM system and on FM
systems using a commercial FM receiver and the laboratory receiver.
The general conclusion from the first field test was that a transatlantic FM link might
become acceptable if the pulse-like discontinuities observed during periods of "good"
reception could be eliminated. It is believed that these discontinuities in the waveform
are caused by momentary dips in the amplitude of the signal arriving over a main path
with respect to the amplitude of the signal from a secondary path. As a result of these
dips, control of the receiver output is momentarily taken over by the secondary signal.
Accordingly, the resulting discontinuities in the output wave were called "takeovers."
The momentary dips in signal amplitude may be explained by introducing the concept
of composite ionospheric paths. A composite path is made up of two or more paths for
which the differences in times of flight are so small that the relative delay in the modu-
lation is negligible.
The simplest model for explaining a takeover might contain a composite main path,
consisting of two component paths, and a secondary path consisting of a single path. A
slightly more complicated model, in which the secondary path is also a composite path,
is shown in Fig. 3(a). This figure shows a transmitted pulse and the pattern of pulses
received over this model of an ionospheric path. The time of flight of the main compos-
ite path is T 1 T2 , and the time of flight of the secondary path, T 3 T4 .
In the transmission of an FM signal, the two signal components (with amplitudes a1
and a 2 , respectively) associated with the main composite path can be represented vec-
torially as in Fig. 3(b). Because of the difference in times of flight, the amplitude a(t)
of the resultant vector will vary as the carrier frequency is deviated by the modulation,
and will have minima, or dips, whenever the two components are of opposite phase.
These dips occur in the frequency band at intervals given by
1Af _ 1
T 2 - T 1
For example, if the difference in delay is 20 Uisec, there will be dips in amplitude at
50 kc intervals as the frequency is deviated through the transmission band.
The signal arriving via the main composite path has, therefore, a time-varying
amplitude a(t), and a frequency p(t) which vary with the instantaneous value of the modu-
lation. Similarly, the interfering signal arriving by the secondary composite path, which
is made up of two components of amplitude b1 and b 2 , has an amplitude b(t) and a fre-
quency q(t). The difference frequency is r(t) = p(t) - q(t); r(t) takes on values which may
be as large as twice the maximum deviation of the transmitter depending on the amplitude
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An ionosphere model having two composite paths: (a) pulse pattern;
(b) vector representation of signal components; (c) instantaneous
amplitudes of components; (d) instantaneous frequencies of com-
ponents; (e) instantaneous frequency of resultant; (f) "average"
frequency of resultant.
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and frequency of the modulation and the difference in times of flight T 3 - T 1. When
shown on the vector diagram of Fig. 3(b), the interfering signal vector rotates with an
angular velocity r(t) with respect to the desired-signal vector, and its tip lies within
a circle of radius B = bl + b 2. Possible amplitude variations of the two signals are
shown in Fig. 3(c), and the frequencies might be varying as in Fig. 3(d).
Most of the time a(t) exceeds b(t), so that the ideal FM receiver will give an output
proportional to p(t); however, there is likely to be trouble whenever a(t) dips into the
circle of radius B in Fig. 3(b). On the first dip of a(t) shown in Fig. 3(c), b(t) was
also at a minimum, and the desired signal did not lose control of the receiver; but
at the second dip, a(t) fell below b(t) between the times t and t 2, and the receiver out-
put shifted to a new value proportional to q(t). The spikes in the discriminator output
occurring during this takeover of b(t) from a(t) are shown in Fig. 3(e). The "average"
frequency is shown in Fig. 3(f), where this average is computed over a cycle of the spike
repetition frequency.
The spikes recur at the difference-frequency rate, and are positively directed just
before the takeover, negatively directed during the takeover, and again positively
directed just after the takeover. That these directions have been chosen correctly is
seen from the fact that although the instantaneous frequency lingers near the mean of p
and q, the average frequency is that of the stronger signal as shown in Fig. 3(f). The
directions of the spikes would have been reversed had p been less than q during the
takeover.
In Fig. 3(e), the positive spikes just before and after the takeover are "correctly"
directed, and their effect in the final audio output can be made almost imperceptible by
de-emphasis and filtering. The negative spikes are "misdirected," and produce the
objectionable jump shown in Fig. 3(f). Much of the power in this jump is concentrated
in the audio range and cannot be filtered out without loss of the higher audio frequencies.
Figure 4, a photograph of the receiver output waveform taken during the second test
described in this report, illustrates severe distortion, caused by takeovers, of the
transmitted sine wave. Portions of two sine waves, displaced in time, may be discerned.
Presumably only one of these would have been received if one of two composite paths
had predominated at all frequencies within the transmission band. Figure 4 is not
Fig. 4
Receiver output waveform showing distortion caused by takeover.
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the "smear" time - the total duration of the pulse pattern - increased. No prolonged
periods of local broadcast quality were noted, nor were smear times less than approxi-
mately 50 [isec.
The quality of reception on frequencies in the vicinity of the MUF was not as good
as the quality obtained in the first test. The bursts of noise caused by takeovers lasted
a greater fraction of the time; as often as not there was a continuous background of noise
caused by takeovers. Viewed on the oscilloscope, the takeovers on a received sine wave
were seen to occupy a greater fraction of the audio period.
The repair circuits, which had been designed for takeovers lasting for a small frac-
tion of the audio period, effected only occasional improvement in the audio quality. On
the majority of these occasions, pulse patterns received at about the same time had had
smear times less than 100 pJ.sec, and the signal strength was so low that background
noise caused takeovers. The effects of these takeovers were repaired with discernible
success, but in no instance did local broadcast quality result. At some of the few times
when the MUF was well above the operating frequency and the pulse pattern split into
two separate parts, the repair circuits effected partial improvement in the audio quality.
From a comparison of program quality with the shapes of pulse patterns received at
about the same time, the feeling was gained that even the "good" quality obtained during
the first test is not possible if the smear time is greater than 100 [1sec, whether or not
repair is used. Repair is effective when a weaker interfering signal is present and the
main signal arrives over a composite path having a smear time considerably less than
100 ELsec. In view of its varying amplitude, the composite signal must be appreciably
stronger than the interference. (It is indeed unfortunate that the repair circuits were
inoperative on the day when the sequence of Fig. 5 was taken.)
Although listening was continued for a considerable time on 23. 09 Mc, the multipath
conditions for which the repair circuits had been designed, and which had been simulated
in the laboratory, were hardly ever encountered; consequently, it was felt that the repair
circuits had not been given a fair trial. Therefore, a still lower frequency assignment
was requested.
While the new assignment was pending, a new technique of repair was developed.
It was thought that if it were possible to correct for each misdirected spike, then essen-
tially perfect repair could be made of a takeover. In this connection, it was recognized
that each misdirected spike represents an excursion of the resultant vector - for exam-
ple, that shown in Fig. 1, around the origin, rather than past the origin - and, therefore,
that each misdirected spike introduces a jump of one revolution in the phase of the
desired signal. Thus the area of each misdirected frequency spike in the discriminator
output is the same. It was then evident that repair could be effected if, for each mis-
directed spike, a pulse of equal area but opposite polarity were added to the discrimin-
ator output coincidentally with that spike. When this modified discriminator output is
averaged, for example in the low-pass filter and de-emphasis circuits, the net area of
the spike and compensating pulse is zero, and no jump in the audio wave occurs.
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Such a repair was designed and built, and was called a "spike-by-spike" repair.
The circuit determined which spikes were misdirected, determined the direction of
each misdirected spike, generated a compensating pulse approximately coincident with
that spike, and added the compensating pulses to the discriminator output before low-
pass filters and de-emphasis circuits. The completed circuit was tested on takeovers
caused by locally-generated interfering FM and AM signals, both sinusoidally modulated,
and was found capable of repairing the distorted audio wave quite satisfactorily. A more
detailed description of the spike-by-spike repair appears in Appendix I.
The new assignment was on 11. 6575 Mc, but peak deviations of only 10 kc were
allowed instead of 75 kc. Initially, interference from stations in the vicinity of this
frequency made reception impossible, but a bank of notch filters or traps, which was
constructed for the purpose, was effective in eliminating this interference.
The narrow deviation allowed in this assignment made repair practically impossible.
The repair circuits are controlled by the spikes accompanying a takeover; these spikes
must be identified from the conglomeration of spikes and audio program avalable at the
output of the discriminator. As the deviation is decreased, the spike repetition fre-
quency is decreased proportionally, remaining in the audible range for a greater fraction
of the time. The spikes themselves assume a more random appearance, the change
from one spike to the next becoming more marked. As a result, it is practically impos-
sible to distinguish spikes from audio program when the deviation and upper frequency
of the audio band are of the same order of magnitude.
Pulses of 100-psec duration were transmitted on 11.6575 Mc; the received pulse
patterns had smear times between 500 jisec and 4 msec. No typical shape could be
associated with these patterns, and again they
appeared to boil at a fading rate. Figure 6 is a
photograph of one of the pulse patterns. The sweep
length is greater than that used in Fig. 5; the smear
time is 1800 isec. It was not surprising, then,
that the quality of received programs was almost
Fig. 6 uniformly "bad." The second field test was con-
A long pulse pattern received cluded after a few weeks' reception on 11. 6575 Mc.
October 6, 1951, on 11.6575 Mc. The comparison of program quality with the
durations of concurrently received pulse patterns
showed that an FM system, with or without repair, is generally inadequate to combat
ionospheric multipath transmission. There appeared to be two courses that could lead
to a high-fidelity transatlantic link:
1. Obtain sufficiently short smear times by appropriate antenna design so that an
FM system could handle the remaining multipath problem.
2. Use a modulation system which is insensitive to the smear time.
In regard to the first course, it seemed reasonable to expect that the smear time
could be reduced by using a receiving antenna with sharp vertical directivity. In general,
10
representative of reception during the first test.
One scheme considered for eliminating the effects of takeovers was space diversity.
If two separated antennas were available, and these fed two FM receivers, it is to be
expected that the takeovers would occur at slightly different portions of the audio wave-
forms in the outputs of the two receivers. Also, it had been observed during this first
field test that the duration of a takeover was usually short compared with the time
between takeovers. Thus, reception might be improved by judicious switching from one
receiver to the other several times during an audio period, as determined by the take-
overs.
A second scheme for eliminating the effects of takeovers is essentially a type of
nonlinear filter, and has been denoted "audio repair." In the original repair circuit,
later referred to as a "holding" repair, the audio channel was interrupted during a take-
over, and the audio wave was extrapolated through the takeover on the basis of the values
of the wave and its derivative just before the takeover. One channel, which gave a first-
order repair, held the initial value of the wave; a second channel, which gave a second-
order repair, held the initial value of the derivative of the wave. The outputs of the two
channels were added to form an approximation to the desired output during the takeover.
The switching voltages, which actuated the electronic switches performing this interrup-
tion, were derived from the spike pattern of the takeover. The spikes could be separated
from the audio by virtue of their relatively large amplitude and high-frequency content.
During the months following the first test, the idea of repair was developed in the
laboratory, and both first-order and second-order repair circuits were built. This
course was taken mainly because the effectiveness of such a nonlinear filter could be
evaluated entirely by laboratory experiment. Developing an appropriate space diversity
would have entailed immediate and extensive field work. The repair circuits are
discussed in Appendix I.
In order to test the effectiveness of the repair circuits in conjunction with the labora-
tory receiver, a three-path model of an ionospheric transmission link was constructed.
Each of two paths consisted of a mercury delay line (11 ) and an attenuator; the third path
had only an attenuator. With this model, an FM signal generator, and the laboratory
receiver, it was possible to produce waveforms similar to those shown in Figs. 3(e).
and 4. Although it was not possible to repair a waveform that was as seriously distorted
as that of Fig. 4, the repair circuit made a marked improvement on those waveforms
having only the relatively short takeovers that were considered to be typical of reception
during the first series of tests.
The laboratory results with the repair circuits under simulated multipath conditions
indicated a good possibility that the effects of takeovers, which had marred the periods
of "good" reception during the first field test, could be satisfactorily eliminated using
the repair technique. For this reason, it was decided to conduct a second series of
transatlantic tests.
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TRANSATLANTIC TEST NO. 2
Arrangements similar to those for the first test were made, and the new trans-
missions began early in 1951 over the same transatlantic circuit, to John Granlund and
C. A. Stutt. Pulse transmissions were added to the test program to provide more
precise information about the path structure of the ionosphere. The transmitter was
modified so that it could be made to emit carrier pulses having durations as short as
20 [isec and repetition frequencies between 100 cycles and 400 cycles. A new receiver,
having a peak detector for pulse reception and a more rectangular bandpass character-
istic, was also constructed for this test (9).
The frequency assignment of the previous test, 26 Me, was used initially, but except
for three hours' reception, this frequency was above the so-called maximum usable fre-
quency (MUF), and on practically all occasions when signals were received, they arrived
by scatter transmission. A lower operating frequency was requested, but by the time
the new assignment (23. 09 Mc) had been obtained and the necessary equipment adjust-
ments completed, the MUF had dropped still further, so that scatter signals were also
received on this frequency most of the time.
Pulses received on 23. 09 Mc showed that instead of the two- or three-path conditions
expected, a continuum of paths existed, causing the 20 [isec transmitted pulse to be
spread out into a continuous pattern lasting as long as 500 uLsec (12). On the few occa-
sions when the MUF was well above 23. 09 Mc, the pulse pattern split into two separate
parts. Typically, the first part was stronger and of shorter duration then the second
part. Figure 5 shows a sequence of pulse patterns, taken over a period of four hours
as the MUF increased, starting approximately from the operating frequency. The fine
vertical lines, just visible on the photographs, are 100-[sec marks.
It is to be emphasized that each picture is a photograph of a single sweep of the
oscilloscope. When viewed consecutively, the pulse patterns gave the impression of
slow "boiling"; the amplitude of each portion of the pulse pattern changed almost inde-
pendently of the amplitudes of the other portions at a slow rate comparable to the rate
of fading of a received carrier. The splitting of the pulse pattern as the MUF increased
through the operating frequency was preceded by a general increase in received signal
strength of one or two orders of magnitude.
In general, it was observed that the quality of received programs deteriorated as
a b c d
Fig. 5
Pulse patterns received March 21, 1951, as the maximum usable frequency increased:
(a) 1340 GMT, (b) 1410 GMT, (c) 1510 GMT, (d) 1740 GMT.
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the signal components contributing to the first part of the pulse pattern arrive from a
direction closer to the horizon than components contributing to the last part. Arrival
angle discrimination should, therefore, reshape the pulse pattern by emphasizing a
portion of it.
In regard to the second course, a rather complex system, which has been called
frequency-shift modulation, was devised. This system will accommodate, without loss
of fidelity, any smear time less than a certain limit which is under design control.
Frequency-shift modulation is discussed in Appendix II.
After some consideration, the first course was selected for a third field test. The
choice was largely influenced by the availability of the multiple unit steerable antenna
(MUSA) (13, 14), an elaborate antenna system capable of providing sharp vertical direc-
tivity together with angle diversity. This antenna is the property of the American Tele-
phone and Telegraph Company, and is located at their Long Lines Department receiving
site at Manahawkin, New Jersey.
The MUSA consists of 16 rhombic antennas arranged in an in-line array two miles
long, directed toward London, England. The output of each rhombic is supplied to a
set of four phase shifters, so that there are available from each rhombic four separate
outputs that can be shifted in phase independently of each other. Four identical and
independent branch circuits are formed by systematically combining the outputs of the
phase shifters. One phase shifter associated with each rhombic is connected to a par-
ticular branch. Each branch can be "steered" to a desired vertical angle by appropri-
ately phasing the contributions from the sixteen antennas. The vertical beamwidth is
of the order of 3° . One branch is used to scan the angular range once per second. Each
of the other three branches may be steered over all or any part of the range either
manually or automatically.. When steered automatically, each branch is pointed at the
angle within the range of angles preselected for that branch at which maximum signal
strength is received by the scanning branch.
TRANSATLANTIC TEST NO. 3
In consideration of the MUSA's characteristics, the principal objectives of the third
transatlantic test were twofold: first, to determine whether the MUSA's angle of arrival
discrimination could sufficiently reshape the received pulse pattern to make local-
broadcast quality transatlantic FM possible with or without the aid of repair; second, to
determine whether diversity switching between the three MUSA branches could eliminate
trouble caused by fades. The first objective has to do with quality on a short-time basis,
or more precisely during an audio cycle; the second has to do with quality on a long-time
basis, in particular, during a fading cycle.
The test was conducted from October 22 to December 4, 1953. Arrangements were
made for FM transmissions by the British Broadcasting Corporation from a transmitter
at Rampisham, England, and for pulse transmissions from the DSIR Radio Research
Station at Slough. The test transmissions were received by C. A. Stutt and E. E. Manna.
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A frequency of 18. 2 Mc, an assignment used by the British Post Office and the
American Telephone and Telegraph Company for London-to-New York telephone traffic,
was made available for the test transmissions. Long-range predictions indicated that
this frequency would be below MUF at midday over the middle of the path; consequently,
a 1330-1700 GMT transmission schedule was used. The first part was devoted to FM
broadcasts of sine waves, speech, and music, with peak deviations of ±6 kc or ±12 kc.
The remainder of the period was given to pulse transmissions; 30-pLsec pulses were
transmitted at a repetition rate of 25 pulses per second.
A block diagram showing the receiving equipment used in the third test is given
in Fig. 7. Two FM receivers similar to the one used in the second test were built, one
for use in the scanning branch of the MUSA, and the other for use on any one of the three
listening branches. The receivers operated on a center frequency of 2.913 Mc, the first
intermediate frequency of the MUSA circuits, and had provision for two bandwidths,
12 kc and 24 kc. Trap circuits similar to those developed in the preceding test were
included, but, as it happened, interference was not a problem, and the trap circuits
were not needed.
The scanning receiver fed information on signal strength and the severity of take-
overs to a steering control circuit which was designed to control the MUSA steering
circuits.* Together, the steering control circuit and the MUSA steering circuits steered
each branch to a "best" angle within the range of angles preselected for that branch. The
steering control circuit was constructed so that the "best" angle was the angle at which
the greatest signal strength was received, and it was designed to prevent the MUSA
steering circuits from steering a branch to an angle at which the average heights of the
spikes were greater than a preset level.
A diversity switching circuit *was designed to switch the listening receiver to the
"best" MUSA branch circuit. The diversity switch was also designed to choose as
"best" the branch circuit giving the greatest signal strength. The switch was arranged
to pick another branch circuit if the average height of the spikes in the output of the
listening receiver exceeded a preset level.
The repair equipment developed for the previous test was again used in this test.
Provision was also made for comparing reception on the MUSA with reception on a
single rhombic antenna. This comparison antenna was identical in construction and
orientation to the unit rhombics of the MUSA.
As an interesting sideline to the test, double-sideband AM reception was compared
with the FM reception. A BBC short-wave station broadcasting to South Africa was
heard on 17. 87 Mc. Since this frequency was only 330 kc below the FM channel, it was
thought that path conditions in the two channels would be sufficiently similar to make
a comparison meaningful.
The data obtained during this third series of tests consists of:
1. A daily log of reception, including pertinent observations and comments, and
sketches of pulse patterns.
*Described in E. E. Manna's thesis, Dept. of Elec. Eng., M.I.T. (in preparation).
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Fig. 8
Moving film photographs of successive pulse patterns received with MUSA steered once
per second through its range of vertical angles. Path: Slough, England, to Manahawkin,
N. J. Frequency: 18.2 Mc. Transmitted pulse length: 30 isec. Repetition rate: 25 pps.
Receiver bandwidth: 32 kc. Time progresses from bottom to top.
Time (GMT)
1615
1637
1607
1554
1630
1545
1542
1620
1633
Sweep length (uisec)
3000
3000
2000
2000
2000
2000
2000
2000
2000
Note: Because of film slippage, the scale does not fit each strip exactly.
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Fig. 9
Moving film photographs of successive pulse patterns received with MUSA steered to
fixed vertical angles. Path: Slough, England, to Manahawkin, N. J. Frequency: 18.2 Mc.
Transmitted pulse length: 30 pisec. Repetition rate: 25 pps. Receiver bandwidth: 32 kc.
Elapsed time indicated in seconds beginning at lower right.
Vertical angle of MUSA Date Time (GMT) Sweep length (sec)
a) 5 1/2' Dec. 1, 1953 1535 2000
b) 13' Dec. 2, 1953 1558 2000
16
b17
______I_ 

"II
i
I
I
I
I
I
I
ii
I
a
Fig. 10
Moving film photographs of successive pulse patterns received with MUSA steered to
fixed vertical angles. Path: Slough, England, to Manahawkin, N. J. Frequency: 18.2 Mc.
Transmitted pulse length: 30 utsec. Repetition rate: 25 pps. Receiver bandwidth: 32 kc.
Elapsed time indicated in seconds beginning at lower right.
Vertical angle of MUSA Date Time (GMT) Sweep length (sec)
a) 12' Dec. 3, 1953 1537 2000
b) 12 1/2° Dec. 4, 1953 1547 2000
18
a19
I{
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Fig. 11
Moving film photographs of successive pulse patterns received with rhombic antenna.
Path: Slough, England, to Manahawkin, N. J. Frequency: 18.2 Mc. Transmitted
pulse length: 30 Usec. Repetition rate: 25 pps. Receiver bandwidth: 32 kc. Elapsed
time indicated in seconds beginning at lower right.
Date Time (GMT) Sweep length (sec)
a) Dec. 1, 1953 1550 2000
b) Dec. 2, 1953 1603 2000
c) Dec. 4, 1953 1613 2000
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b21
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Fig. 12
Moving film photographs of successive pulse patterns for comparison of reception with
MUSA steered to fixed vertical angles and reception with rhombic antenna. Path: Slough,
England, to Manahawkin, N. J. Frequency: 18.2 Mc. Transmitted pulse length: 30 pLsec.
Repetition rate: 25 pps. Receiver bandwidth: 32 kc. Elapsed time indicated in seconds
beginning at lower right.
Time (GMT) Sweep length ([psec)
a) MUSA steered to 0
(Best angle for first
part of pattern)
b) MUSA steered to 7°
(Best angle for last
part of pattern)
c) Rhombic antenna
Nov. 30, 1953
Nov. 30, 1953
Nov. 30, 1953
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Date
1620 3000
1626 3000
1635 3000
b23
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Fig. 13
Moving film photographs of successive pulse patterns for comparison of reception with
MUSA steered to fixed vertical angles and reception with rhombic antenna. Path: Slough,
England, to Manahawkin, N. J. Frequency: 18.2 Mc. Transmitted pulse length: 30 1 isec.
Repetition rate: 25 pps. Receiver bandwidth: 32 kc. Elapsed time indicated in seconds
beginning at lower right.
Time (GMT) Sweep length (sec)
a) MUSA steered to 4 1/2'
(Best angle for first
bundle)
b) MUSA steered to 7'
(Best angle for
second bundle)
c) Rhombic antenna
Dec. 4, 1953
Dec. 4, 1953
Dec. 4, 1953
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1552 2000
1555 2000
1557 2000
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Fig. 14
Moving film photographs of successive pulse patterns received with MUSA steered in
steps from 0° to 9 vertical angle. Path: Slough, England, to Manahawkin, N. J.
Frequency: 18.2 Mc. Transmitted pulse: 30 [sec. Repetition rate: 25 pps. Receiver
bandwidth: 32 kc. Date: Dec. 1, 1953. Time: 1605 GMT. Sweep length: 2000 Lsec.
Time progresses from bottom to top.
a) 0' f) 6°
b) 2° g) 7 _
c) 40 h) 7°+
d) 5° i) 8°
e) 5 1/2 j) 90
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Fig. 15
Single-frame photographs of pulse patterns illustrative of path conditions during third
transatlantic FM test. Path: Slough, England, to Manahawkin, N. J. Frequency: 18.2
Mc. Transmitted pulse length: 30 ~lsec. Repetition rate: 25 pps. Receiver bandwidth:
32 kc.
Date
a) Nov. 4, 1953
b) Nov. 4, 1953
c) Nov. 6, 1953
d) Nov. 6, 1953
e) Nov. 12, 1953
f) Nov. 12, 1953
g) Nov. 16, 1953
h) Nov. 23, 1953
i) Nov. 23, 1953
j) Nov. 23, 1953
k) Nov. 28, 1953
1) Nov. 28, 1953
m) Nov. 28, 1953
n) Nov. 28, 1953
o) Nov. 28, 1953
p) Nov. 28, 1953
q) Dec. 1, 1953
r) Dec. 1, 1953
s) Dec. 1, 1953
t) Dec. 4, 1953
u) Dec. 4, 1953
v) Dec. 4, 1953
Time
(GMT)
1630-1700
1630-1700
1630-1700
1630- 1700
1640
1640
1630-1700
1630-1700
1630- 1700
1630- 1700
1447
1450
1515
1520
1545
1545
1538-1550
1550
1640
1557
1607
1608
Sweep length
( sec)
5000
5000
5000
5000
2000
2000
2000
3000
3000
3000
3000
3000
3000
3000
3000
3000
2000
2000
2000
2000
2000
2000
Smear time
(iisec)
300
800
700
700
500
500
100
400
400
400
900
900
600
600
900
900
800
1000
1000
900
900
900
Antenna
MUSA: 4'
MUSA: 10°-12
MUSA: 3'
MUSA: 7°
MUSA: 8°
MUSA: 170
MUSA: 7'
MUSA: 5°
MUSA: 9'
MUSA: 11
MUSA: 130
MUSA: 9°
MUSA: 5°
MUSA: 11
Rhombic
Rhombic
MUSA: 0°
Rhombic
Rhombic
Rhombic
MUSA: 40
MUSA: 13°
Remarks
Best angle for 1st bundle
Best angle for 1st bundle
Weak signals
Best angle
Best angle
Best angle
Best angle
for 1st bundle
for 3rd bundle
for 2nd bundle
for 2nd bundle
Boiling vigorously
Boiling vigorously
Best angle for 1st bundle
Best angle for 2nd bundle
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2. Pen recordings of signal strength received on the MUSA and on the single
rhombic, showing behavior as functions of time and of steering angle.
3. Tape recordings comparing program quality obtained from the single rhombic
and the MUSA, from one MUSA branch and another, from direct audio output and
repaired, and from AM and FM.
4. 35-mm still photographs of sine waves and pulse patterns.
5. 35-mm moving film pictures of pulse patterns obtained from the single rhombic
and from the MUSA outputs, showing variations with time or with steering angle.
The results of the test, especially as they relate to the first of the stated objectives,
are essentially negative: The MUSA did not shorten the received pulse pattern suffi-
ciently to make local-broadcast quality transatlantic FM possible. This conclusion is
based on data obtained in both pulse and FM transmissions.
EFFECTIVENESS OF MULTIPLE UNIT STEERABLE ANTENNA
Because the principal reason for using the MUSA was to make use of its angle-of-
arrival discrimination to shorten the pulse patterns, it is appropriate to look first at
pictures of the received patterns. It is also recognized that the pulse patterns are, in
a sense, the magnitude of the impulse response of the ionosphere, and, as such, provide
much of the information basic to the multipath problem. For these reasons, a large
number of pulse pattern photographs are included in this report.
Moving film records of successive received pulse patterns are shown in Figs. 8-14.
Patterns in Fig. 8 were obtained as the MUSA was swept once per second through its
range of vertical angles. Time variations of the patterns with the MUSA steered to fixed
vertical angles are shown in Figs. 9 and 10. Time variations observed with the rhombic
antenna are shown in Fig. 11. The pulse patterns in Figs. 12 and 13 allow a comparison
between reception on the MUSA set at two "best" angles and reception on the rhombic.
Finally, the sequences of Fig. 14 were obtained by steering the MUSA in steps from
0° to 9.
A series of photographs of single sweeps is shown in Fig. 15. These patterns are
suggestive of the type of pulse patterns encountered throughout the entire test period.
In general, the pulse patterns reveal a continuum of paths extending from as little
as 100 Isec to over 1 msec, giving the appearance of constant boiling at rates of frac-
tions of cycles per second to several cycles per second.
The patterns in Fig. 8 show that there is a marked reshaping of the pulse pattern
as the MUSA is steered. However, the reshaping falls considerably short of producing
a pattern 100 sec wide, which is the order of magnitude of smear time allowable for
"good" FM reception. The patterns illustrating variation with time, even with the MUSA
steered at a so-called "best" angle, show that the building up and fading of the various
parts of the pattern actually can produce more pronounced effects on the pattern than
MUSA steering. Thus, the enhancement of a desired part of the pattern by appropriate
steering is not sufficient to prevent the build-up of an undesired part from causing
30
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trouble, especially during fades of the desired part.
The fact that the patterns could not be reshaped enough is attributable to the following
limitations of the MUSA radiation pattern (14): (a) The main lobe in the vertical plane
is of the order of 20 db above the secondary vertical lobes. While this discrimination
helps in reducing the number of times the unwanted paths take over from the desired,
it is at best marginal, for the time variations of the pattern are frequently in excess of
20 db. (b) The main lobe is about 3 wide between half power points in the vertical plane.
While this beamwidth is remarkably small for H-F antennas, it is still rather wide when
one considers that the bulk of the energy arrives in the range between approximately O
and approximately 12° . (c) The azimuthal pattern of the antenna is considerably wider
than the vertical pattern. At a given vertical angle, then, relative delays of component
signals, with consequent pulse smearing, can occur if all components do not travel on
the great circle path.
One gains the feeling that to obtain sufficient reshaping of the pulse pattern, a very
narrow pencil beam and secondary lobes at least 40 db down would be required. As a
matter of fact, even a pencil beam might not help enough, since there is no assurance
that time delays between components arriving at the same angle are negligible. In view
of the fact that the MUSA represents something of a practical limit in the complexity of
H-F antenna design, it might be concluded at this point that it is a practical impossibility
to achieve the requisite pulse-pattern reshaping through antenna design alone.
A more realistic impression of the variations of the pulse patterns, both with
steering angle and with time, might have been gained had the weaker pulse pattern com-
ponents been given more emphasis on the oscilloscope display. A logarithmic scale of
amplitudes would have been particularly suitable. (Unfortunately this suggestion comes
only as hindsight, for such a display was readily available from the crystal-diode limiter
strip, which, incidentally, was used to provide an approximately logarithmic signal
strength indication.)
The preceding conclusions based on observation of the pulse patterns are confirmed
by the FM transmissions. Referring first to the plots showing changes in signal strength
as the MUSA was swept through its range of vertical angles once every 12 seconds
(Fig. 16), it is seen that differences between maximum and minimum signal run approx-
imately 20 db. This range is, of course, what one would expect in view of the level of
secondary vertical lobes. It might also be remarked that when the MUSA was swept
through the entire range of angles, the magnitude of the resulting variations in signal
strength was scarcely different from the magnitude of variations with time when a fixed
angle was used.
Secondly, the audio quality, which in the last analysis must be the basis for judging
the performance of an FM link, showed little if any improvement attributable to MUSA
steering. Two comparisons were made in this connection: (a) One FM receiver was
operated from the MUSA which was steered to the angle that was judged "best" at the
time; the second receiver was operated from the single rhombic antenna. (b) One FM
31
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Fig. 16
Plot from original pen recordings of received signal strength vs. vertical angle
as the MUSA was swept once every 12 sec through its range of vertical angles.
Transmissions from Slough, England, to Manahawkin, N. J., on 18.2 Mc,
(a) Dec. 2, 1953, 13:50 GMT; (b) Dec. 2, 1953, 15:10 GMT; (c) Dec. 3, 1953,
13:35 GMT; (d) Dec. 3, 1953, 15:00 GMT; (e) Dec. 4, 1953, 14:30 GMT; (f)Dec. 4,
1953, 15:15 GMT.
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receiver was operated from one branch of the MUSA with steering at the "best" angle;
the second receiver was steered in steps through the entire range of angles. Tape
recordings of program made simultaneously on the two receivers show the following:
(a) For the particular path conditions encountered during the test, the differences in
audio quality between reception on the MUSA and on the rhombic might be classed as
"second-order." The general background noise caused by the takeover phenomenon on
the rhombic was higher (at times) than on the MUSA; however, the peaks in this type of
noise were frequently more violent on the MUSA. In general, there could be no clear-
cut decision between the two; sometimes the MUSA was better, sometimes the rhombic.
If pulse patterns were short, reception on both antennas was good; and if long, reception
was poor. (b) The comparison between reception at the "best" MUSA angle and at other
angles was remarkable in that there was no observable difference in audio quality no
matter where the MUSA was steered. The reshaping of the pulse patterns which would
have occurred during this steering produced only a very minor effect, and so long as the
signal remained sufficiently above interference and noise at any angle, the results were
about the same.
These points are illustrated in a tape recording of representative passages from the
tests, which have been re-recorded for demonstration purposes. This tape is also on
file in the Document Room of the Research Laboratory of Electronics.
Unfortunately, pulse patterns were obtained from a few minutes to as much as two
hours after the program. Thus they do not represent exactly the conditions during
program reception. However, they do suggest the type of path conditions during the
program; furthermore, the type of pulse pattern could be estimated by observing the
distortion of the modulation during the periods of sine-wave program. An arrangement
for obtaining pulse data and program data (distortion of the received program) in close
alternation would have been more desirable.
AUDIO REPAIR
In view of earlier remarks on the ineffectiveness of repair when used in conjunction
with narrow-band FM, it should be stated that, in spite of the low peak deviation (±12 kc)
allowed, there was an a priori chance for repair to be effective because the audio band-
width was restricted to 5 kc at the transmitter. Moreover, since the repair circuits had
not been given a fair trial during the second series of field tests, a curiosity remained
as to their effectiveness.
This initial interest in repair was soon lost when it became evident that the MUSA
did not sufficiently reshape the pulse patterns. Long pulse patterns give rise to almost
continual takeovers so that the repair circuits cannot distinguish between the desired
wave and the distortion. The spike-by-spike circuit becomes unable to determine which
spikes are misdirected, and the holding repair is as likely to hold the value of the dis-
torted wave as the undistorted wave.
The concept of repair implies a waveform which is basically clean, but has intervals
34
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of distortion caused by takeovers. As an order of magnitude, if the waveform is dis-
turbed no more than ten per cent of the time on a short-time basis, for example, in an
audio cycle, effective repair may be possible. This situation rarely existed in this test
or in the previous one.
Examples of 400-cycle sine-wave reception are shown in Fig. 17. Figures 17a and
17b are pictures of the discriminator output on a day when the smear time was approxi-
mately 350 ELsec (see Fig. 15h, i, j). Two takeovers per cycle are visible. Direct or
unrepaired waveforms and waveforms having first-order repair are paired in Figs. 17c
through 17h, and illustrate cases of almost continual trouble. The direct and repaired
waveforms were received on days when the smear time was approximately 1000 jisec.
The waves in Figs. 17c and 17d have not been passed through de-emphasis circuits;
the pulse patterns of Fig. 9b were received on this day. The waves in Figs. 17e and
17f, which were also obtained before de-emphasis, and in Figs. 17g and 17h, which
were obtained after de-emphasis, were photographed in rapid succession on the same
day as the pulse patterns of Fig. 10a.
On speech and music, the effect of repair under adverse pulse conditions was to
substitute an unpleasant low-frequency distortion for the harsh higher frequency dis-
tortion caused by takeovers. In general, it was extremely difficult to determine by ear
whether repair had helped.
DIVERSITY
The three shortcomings of the MUSA pattern, mentioned in the section on the effec-
tiveness of the MUSA, also precluded the possibility of help from diversity switching.
Effective diversity switching presupposes that the fades of signals on the three branches
are uncorrelated. With the beamwidth and secondary lobe level of the MUSA it was not
possible to steer the branches so that three such signals were available. Because
of this lack of angle-of-arrival discrimination, the fading of the three signals was
essentially simultaneous no matter where the branches were steered; consequently,
little or no help could be achieved by switching among them.
AM AND FM COMPARISON
With the exception of one day when the pulse pattern reduced to a single compact
bundle and both AM and FM reception were essentially perfect, AM reception from the
BBC station on 17.87 Mc was consistently more pleasant to the ear than the FM recep-
tion. It should not be inferred from this statement, however, that the mean-square
audio distortion was greater on FM than on AM.
When considered as the error between the received and the transmitted audio waves,
the distortion caused by selective fading on AM behaves like the audio wave itself. The
distortion is closely related to the audio wave, and like the audio wave, it has relatively
smooth variations. The FM distortion caused by takeovers, however, is only indirectly
related to the audio wave, and it consists of a harsh-sounding collection of abrupt,
35
--_111__-11_--_1-.I_-_- --
Fig. 17
Examples of 400-cycle sine-wave reception.
a) Discriminator output before filtering, showing two takeovers per cycle. Nov. 23,
1953, 1415 GMT, 6-kc deviation.
b) Discriminator output before filtering, showing two takeovers per cycle. Nov. 23,
1953, 1415 GMT, 6-kc deviation.
c) Audio output before de-emphasis. Dec. 2, 1953, 1445 GMT, 12-kc deviation.
d) First-order repair before de-emphasis. Dec. 2, 1953, 1445 GMT, 12-kc deviation.
e) Audio output before de-emphasis. Dec. 3, 1953, 1350 GMT, 12-kc deviation.
f) First-order repair before de-emphasis. Dec. 3, 1953, 1350 GMT, ±12-kc deviation.
g) Audio output after de-emphasis. Dec. 3, 1953, 1350 GMT, ±12-kc deviation.
h) First-order repair after de-emphasis. Dec. 3, 1953, 1350 GMT, ±12-kc deviation.
36
aC d
e f
9 h
37
_ -I I-- I_
----- I
b
pulse-like waveforms which seem to occur at random. The similarity between AM
distortion and the audio waves makes the distortion less noticeable; hence, the received
program is relatively pleasant to listen to. The dissimilarity between FM distortion
and the audio wave tends to emphasize the distortion and make the received program
unpleasant to the ear.
SUMMARY
The first transatlantic test was an outgrowth of a strong feeling of the Multipath
Transmission group that an FM receiver having a capture ratio near unity could make
possible transmission of local broadcast quality over an ionospheric path. The results
of this test were, on the whole, encouraging; however, it was felt that unless short
bursts of noise caused by takeovers could be eliminated, the wide bandwidth required
for an FM system could not be justified.
Rapid diversity switching between two spaced antennas and audio repair were con-
sidered as two ways in which the effects of takeovers might be eliminated. A decision
was made to try the repair technique. This choice was made mainly because, as a
practical matter, preliminary studies of repair could be made in the laboratory. Suc-
cess with the repair circuits in the laboratory brought about a decision to try a second
transatlantic test.
Less favorable ionospheric conditions prevailed during this test. In general, audio
waves were found to be unrepairable because they were marred by too frequent take-
overs.
The most important discovery of this test was that the numerous takeovers arose
because there was a continuum of transmission paths in the ionosphere rather than a
few discrete ones. It was concluded that high-quality FM transmission is not possible
if the smear time exceeds approximately 100 psec.
Two alternatives were considered for combatting the long smear times encountered
during the second test: (a) an antenna having sharp vertical directivity which would
shorten the smear time sufficiently so that an FM system could produce the desired
results with or without repair, or (b) a modulation system which is insensitive to the
smear time. The first course was selected for a third test principally because the
MUSA, which appeared to satisfy the antenna requirements, was made available. A
system of frequency-shift modulation, which appeared to satisfy the requirements of the
second course, was set aside.
The third test demonstrated that the smear time could not be sufficiently reshaped
by use of the MUSA. On the basis of the results, it was estimated that an antenna with
a pencil beam and a -40 db secondary lobe level might give the required reshaping; how-
ever, such an antenna would be impractical.
It is the present feeling of the authors that a point-to-point transatlantic radio link
capable of delivering signals of local broadcast quality must employ some system
insensitive to smear time such as frequency-shift modulation.
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APPENDIX I
A. HOLDING REPAIR CIRCUIT
In the holding repair circuits, an attempt is made to eliminate the jumps in the audio
wave caused by takeovers. The audio channel is interrupted during a takeover, and a
linear approximation based on the value of the wave and its first derivative just before
the takeover is substituted for the actual wave.
The repair is accomplished in two channels. The first channel, denoted first-order
repair, normally passes the audio wave without change until a takeover occurs. At such
a time, a control gate derived from the spikes in the takeover actuates an electronic
switch, and the instantaneous channel output is held for the duration of the control gate
at the value existing just before takeover.
The output of the first-order repair is, therefore, a stepped wave, and in contrast
to the unrepaired audio, contains "flats" in the wave rather than jumps at the takeovers.
In order to make further improvement in the audio wave, the second channel makes
a second-order repair by providing triangularly shaped pulses at takeovers so that the
slope of the audio wave may also be approximated. In the second-order repair channel,
a first-order repair is made on the derivative of the audio wave. This repaired deriva-
tive wave is supplied to an integrating circuit which is normally gated off. The control
gate turns this integrator on during a takeover so that the flats on the derivative wave
are integrated. Provision is made for discharging the integrator at the end of the
control pulse. The output of this integrator is, therefore, the required series of tri-
angularly shaped pulses, the slopes of which approximate the slopes of the audio wave
during a takeover.
The block diagram of the holding repair circuit is shown in Fig. I-1. It consists
essentially of three parts: a control-gate generator, first-order repair channel, and
second-order repair channel.
As indicated in the block diagram, the control-gate generator delivers gate pulses
derived from "all" spikes, rather than from misdirected spikes only. Since, by nature
of the holding repair, no serious distortion results from operating the repair switches
at times other than at takeovers, the simplification in the control-gate generator arising
from operating on all spikes is justified.
A high-pass filter at the input of the control-gate generator is designed to extract
the spikes from the discriminator output. A phase inverter and a full-wave rectifier
make "all" spikes available for generation of the gate pulse. The rectifier output is
appropriately shaped into a gate pulse by means of an integrator, slicer circuit, and
pulse amplifier. A variable pulse delay circuit is also provided so that the gate pulse
can be precisely timed with respect to the jumps in the audio wave; without this delay,
the audio filters would cause a relative delay between the gate pulses and the audio wave.
The discriminator output is supplied to both repair channels through a low-pass
filter. The first-order repair consists essentially of an amplifier driving a condenser
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through an electronic switch. The amplifier has a low output impedance so the conden-
ser voltage can follow the audio variations. At a takeover, the electronic switch is
opened by the gate pulse, and the condenser is left open-circuited with the voltage of
the audio wave just before the takeover. The condenser voltage is supplied to the out-
put adding circuit through a cathode follower.
In the second-order repair channel, the audio wave is first differentiated, and then
repaired in a manner identical to that in the first-order repair channel. The voltage
on the condenser is supplied to a gated integrator which integrates only during the gate
pulse; its output is immediately returned to zero after the takeover by means of the
gated discharge circuit. The output of the integrator, which consists of positive-going
or negative-going triangularly shaped pulses, depending on the slope of the audio wave
just before the takeover, is then supplied to the resistive adding circuit to complete the
audio repair.
Typical waveforms for two takeovers are shown on the block diagram to illustrate
the preceding discussion.
B. SPIKE-BY-SPIKE REPAIR
The pattern of spikes during a typical takeover shows three groups of spikes having
polarities in either of the following sequences: plus-minus-plus, or minus-plus-minus
(Fig. 3e). In each instance, spikes in the second group are misdirected. Accordingly,
for purposes of electronic instrumentation, a spike or group of spikes of the same
polarity and separated by not more than a pre-set time T are judged misdirected if they
follow within a similar period of time T one spike or a group of spikes of the opposite
polarity which have not been judged misdirected.
As we have stated earlier, for each misdirected spike the spike-by-spike repair
circuit generates a pulse which cancels or compensates for the effect of that spike on
the audio wave. The circuit consists essentially of two identical channels which are
actuated by positive and negative spikes, respectively. The channels are normally
blocked so that correctly-directed spikes, which may occur at irregular intervals, do
not generate compensating pulses. The first spike which occurs after a spike-free
period, of length greater than the pre-set time T, places the channel associated with
its polarity in temporary control: The spike initiates a gate pulse of length T in the
"control" channel which (a) unblocks the opposite channel, later referred to as the
"unblocked" channel, and (b) disables the gate generator in the unblocked channel so
that a spike in that channel cannot cause the control channel to be unblocked, as well.
Successive spikes of the same polarity occurring at a repetition period less than T
regenerate these unblocking and disabling operations. If a spike of the opposite polarity
occurs within a time T after this succession of controlling spikes, it is judged to be a
misdirected spike and is passed by the unblocked channel to form a compensating pulse.
Additional spikes of like polarity occurring at a repetition period less than T are also
misdirected; therefore, provision is made for the unblocking and disabling operations
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to be regenerated by the misdirected spikes as well, so that the channel will not revert
to its normally blocked condition before all misdirected spikes are passed and compen-
sating pulses formed. In fact, the circuit is not returned to its normal condition until
a time T after the last spike in the takeover pattern.
The block diagram of the spike-by-spike repair is shown in Fig. 1-2. The input is
the discriminator output. The input wave is first passed through a variable RC high-
pass filter which is designed to separate the spikes, having higher frequency content,
from the program. The filtered wave is then supplied to a phase inverter, and, in turn,
to the two identical channels which handle the positive and negative spikes of the input
wave, respectively.
Each channel contains, in order:
(1) A cascade of two slicers which emits a short triggering pulse each time the
applied wave exceeds a certain level. This slicing level is adjustable simultaneously
in both channels by a manual control.
(2) A one-shot multivibrator which generates a short rectangular pulse of controlled
width following each trigger pulse.
(3) A combination of a gate generator, which is actuated by the output of the multi-
vibrator, and a coincidence circuit, which is turned "on" by gate pulses from the oppo-
site channel but passes pulses from the multivibrator in its own channel.
As mentioned above, only one channel gate can be "on" at a time; for example, when
a spike in the positive spike channel initiates, an "on" gate pulse for the coincidence
circuit in the negative spike channel, an "off" pulse is also generated, which disables
the gate generator in the negative spike channel. A single spike initiates a gate pulse
of duration T; a second spike of either polarity, occurring before a time T has elapsed,
"regenerates" the gate by returning the timing control in the gate generator to its
starting point, thereby causing the gate to be extended for an additional time T. Thus
the length of the gate pulse generated by a series,of spikes spaced by a time less than
T is the total time from the first spike to the last spike plus a time T.
(4) A connection from the coincidence tube through a differentiating circuit to the
multivibrator in the opposite channel which allows the misdirected spikes to regenerate
the gate.
(5) A slicer circuit which acts as a compensating-pulse shaper, and is controlled
by pulses from the coincidence tube.
The width of the compensating pulses is controlled by the multivibrators in the two
channels, and the amplitude by the compensating-pulse slicer. The compensating pulses
have negative polarity in the channel for positive spikes and positive polarity in the
channel for negative spikes.
The compensating pulses are added in a resistive adding circuit, and then supplied
to a low-pass filter identical to that used in the audio channel. The filtered pulses are
made available through a cathode follower for addition to the filtered but unrepaired
audio wave.
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Voltage waveforms at numbered points in the block diagram illustrating the operation
of the spike-by-spike repair are shown in Fig. I-3. The example includes, from left
to right, (1) a near-takeover with positive spikes, (2) a near-takeover with negative
spikes, (3) a takeover with a single misdirected positive spike, and (4) a takeover con-
taining four misdirected negative spikes (Fig. I-3a). Figures I-3b through I-3f show
the derivation of the trigger pulses in both channels from the spike patterns. Figure
I-3g and Fig. I-3h show the resulting gate pulses; the regeneration of the gates from a
succession of both correctly directed and misdirected spikes may be observed in these
figures. Figures I-3i through I-3k show the accepted pulses derived from misdirected
spikes, and the final set of compensating pulses.
A control voltage for the holding repair is available through a second adding circuit.
The pulses available at this output are derived from the misdirected spikes, but con-
nections are made so that only positively directed pulses are taken from the pulse
shapers in the two channels.
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APPENDIX II
FREQUENCY-SHIFT MODULATION
The efforts to provide a high-fidelity transatlantic link using FM failed when the
smear time was more than about 100 sec. Existing transatlantic AM links do not
deliver a received signal of local broadcast quality. It can be shown that the various
types of pulse-modulation would be expected to fail in similar ways. Apparently, a
system which will combat selective fading successfully must be specifically designed
for that purpose and will very probably be complex.
The problem of transmitting over an ionospheric link is like the problem of making
oneself understood in a cave in which echoes are present. One solution is to transmit
one piece of information at a time, allowing the reverberations to die out before sending
the next sample. An audio wave might be represented by periodically extracted samples
which follow one another in transmission at intervals greater than the smear time.
Suppose that a 10-kc audio band is to be transmitted and that the smear time is 1
msec. The audio wave can be represented by samples taken every 50 tIsec, but the
samples should be separated by at least 1000 Lsec. This difficulty may be resolved by
transmitting the samples over at least 20 separate frequency channels, used in rotation,
so that in each channel successive samples are separated by at least 1000 Isec.
Now consider the modulation process for each channel: How should the samples be
represented in the transmitted wave? If each sample were quantized into levels and then
coded as a binary number, approximately 10 binary digits would be required to provide
a reasonable signal-to-quantizing-noise ratio. This coding of the samples would require
that the number of channels be multiplied by 10, since the repetition period of digits in
each channel should also be greater than the smear time. In view of this increased
complexity, such a system should probably be ruled out, and a more direct means of
modulation should be considered. If the transmitted samples were represented by the
amplitudes of radio-frequency pulses, the received samples would be subject to fading.
Similarly, if a pulse-time modulation were used, errors would be introduced by the
fading of the signal components which contribute to the first part of the pulse pattern.
However, if a carrier is transmitted, the frequency of the received signal is not
appreciably affected by selective fading. The vector representing the received signal
may be considered to be the sum of a number of vectors, each representing the signal
component arriving over one of a number of ionospheric paths. The magnitude and phase
of each component vector, which are determined by the gain and time of flight of the
corresponding path, change only at a subaudible rate. Thus, the resultant vector is
composed of slowly varying components and must change only slowly itself. In support
of the foregoing reasoning, it was observed during the field tests that when the trans-
mitter was unmodulated, the receiver output was almost always completely quiet.
Occasional short bursts of noise resulted when the received carrier faded momentarily
to the background noise level.
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Thus, if the samples to be transmitted over each channel are represented by the
frequency of a carrier in that channel, the samples can be recovered at the receiver
with negligible error by measuring the frequency of the received signal. A multi-
channel system in which samples of the wave to be transmitted are represented by the
frequency of a carrier in each channel has been called frequency-shift modulation. The
remainder of the appendix is given to a discussion of this system.
Figure II-1 is a sketch of the instantaneous frequency that might be received over
one channel of a frequency-shift modulation system. The transmitted signal is a carrier
which shifts frequency periodically. After the first-arriving components have shifted
frequency as from fl to f2 , the instantaneous frequency of the received signal is per-
turbed for an interval equal to the smear time, for the first-arriving signal components
have shifted to the new frequency, f 2 , while the others remain at the old frequency, fl.
As time progresses, more components shift from fl to f2. The vector diagram repre-
senting the summation of signal components during this perturbed interval changes
erratically. An accurate measure of f2 is obtained during the time between the end of
the perturbed interval and before the next shift of frequency. The original audio wave
is regained by filtering the sampled wave after it has been reconstructed from the
channel outputs.
Let us compare a one-channel system with an n-channel system of the same total
bandwidth in which the transmitter power is divided equally among the channels. It will
be assumed that the noise power density is constant over the total band occupied by the
transmitter; thus, the noise power is also equally divided among the channels. Hence,
the two systems have the same signal-to-noise ratio in the channels. Suppose that the
smear time in the n-channel system is n times the smear time in the one-channel
system, so that the time available for frequency measurement is the same fraction of
the channel repetition period in the two systems. In the n-channel system, the deri-
vation is l/n times the derivation in the one-channel system, but the time available
for frequency measurement is n times as great. Hence, the two systems have the same
output signal-to-noise ratio.
We have shown that changing the number of channels has no effect on the signal-to-
Fig. II-1
The variation of instantaneous frequency in one channel.
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noise ratios. Multiplying the number of channels by n has the same effect as dividing
the smear time by n.
Finally, the bandwidth requirement of a frequency-shift modulation system is con-
sidered. Up to this point, the channel bandwidth has been tacitly assumed to be large
compared with the channel repetition rate so that the channel ringing time, the duration
of the impulse response of the channel-isolating filter, is negligible compared with the
smear time. Evidently, the channel ringing time should be added to the smear time, so
that the time available for frequency measurement in each channel is (channel repetition
period) - (smear time) - (channel ringing time).
A compromise must be made in proportioning the three intervals that contribute to
the channel repetition period. The smear time could be made a small fraction of the
channel repetition period at the expense of a large number of channels. Or, the channel
ringing time could be made a small fraction of the channel repetition period at the
expense of a large bandwidth. Since the background noise rejection of the system is
seriously impaired by shortening the measuring time relative to the channel repetition
period, the measuring time should be at least half the channel repetition period. A
reasonable compromise between performance, bandwidth, and complexity would have:
(measuring time) = 1/2 (channel repetition period)
(channel ringing time) = 1/4 (channel repetition period)
(smear time) = 1/4 (channel repetition period)
In the above circumstances, the channel bandwidth is approximately four times the
channel repetition rate, and allowing for guard bands, the separation between channels
should be approximately five times the channel repetition rate. The total bandwidth,
then, should be approximately five times the sampling frequency or ten times the audio
bandwidth. And the number of channels = 8 (audio bandwidth) X (maximum smear time
expected). A system designed for a 10-kc audio bandwidth and a 1 msec maximum
smear time would require 80 channels and a radio frequency bandwidth of 100 kc.
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